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DETAILED ACTION 

1 . This action is in response to application 1 0/724,008 filed on November 26, 2003. 
Claims 1-29 are pending in the application and have been examined. 

Information Disclosure Statement 

2. The information disclosure statements filed April 4, 2004, July 12, 2004, May 31 , 
2005, March 7, 2006, March 27, 2006, July 28, 2006, September 1 , 2006, November 
29, 2006, March 8, 2007, and March 20, 2007 have been considered in this office 
action. 

Claim Rejections - 35 USC § 101 

3. 35 U.S.C. 101 reads as follows: 

Whoever invents or discovers any new and useful process, machine, manufacture, or composition of 
matter, or any new and useful improvement thereof, may obtain a patent therefor, subject to the 
conditions and requirements of this title. 

4. Claims 14-29 rejected under 35 U.S.C. 101 because the claimed invention is 
directed to non-statutory subject matter. Claims 14-29 attempt to claim a computer 
readable medium. However, in the Specification, computer readable medium is 
defined as either a storage media or a communications media. Further communications 
media is defined to include items such as magnetic carrier waves, an item considered 
non-statutory under 35 U.S.C. 101. Therefore claims 14-29 are rejected under 35 
U.S.C. 101. 
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Claim Rejections - 35 USC § 102 

5. The following is a quotation of the appropriate paragraphs of 35 U.S.C. 102 that 

form the basis for the rejections under this section made in this Office action: 
A person shall be entitled to a patent unless - 

(b) the invention was patented or described in a printed publication in this or a foreign country or in public 
use or on sale in this country, more than one year prior to the date of application for patent in the United 
states. 

6. Claims 14, 19, and 20 are rejected under 35 U.S.C. 102(b) as being anticipated 
by Park et a! (US Patent 5,590,241 ). 

7. Consider claim 14, Park teaches a computer-readable medium having computer- 
executable instructions (figure 1 , implemented on computer readable medium; column 
8 line 25,) for performing steps comprising: 

receiving an alternative sensor signal from an alternative sensor that is not an air 
conduction microphone (figure 1 , output of accelerometer 34); and 

using the alternative sensor signal to estimate a clean speech value without 
using a model trained from noisy training data (input from 31 ) collected from an air 
conduction microphone (enhanced speech signal is outputted from adaptive filter which 
is adjusted in part using the estimation error, the filter is adapted in real time using the 
estimation error, not trained with noisy training data.) 
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8. Consider claim 19, Park teaches the computer-readable medium of claim 14 
further comprising receiving a noisy test signal from an air conductive microphone and 
using the noisy test signal with the alternative sensor signal to estimate the clean 
speech value (Figure 1 shows a microphone 31 that picks up both noise 22 and voice 
31 . The noisy test signal is then added 38 to the output of the adaptive filter 37 [fed by 
the accelerometer 34], the sum being used to adjust the adaptive filter 37; Abstract. ). 

9. Consider claim 20, Park teaches the computer-readable medium of claim 19 
wherein using the noisy test signal comprises generating a noise model from the noisy 
test signal (Summing device 38 has a positive input terminal for receiving 
MICROPHONE INPUT SIGNAL, a negative input terminal for receiving the ENHANCED 
SPEECH SIGNAL, and an output terminal for providing a signal labeled "ESTIMATION 
ERROR" to the error input of adaptive f9lter 37; column 3, line 50. The estimation error 
is in fact a noise estimate. ) 

Claim Rejections - 35 USC § 103 

10. The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all 

obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set 
forth in section 102 of this title, if the differences between the subject matter sought to be patented and 
the prior art are such that the subject matter as a whole would have been obvious at the time the 
invention was made to a person having ordinary skill in the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner in which the invention was made. 
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11. The factual inquiries set forth in Graham v. John Deere Co., 383 U.S. 1, 148 
USPQ 459 (1966), that are applied for establishing a background for determining 
obviousness under 35 U.S.C. 103(a) are summarized as follows: 

1 . Determining the scope and contents of the prior art. 

2. Ascertaining the differences between the prior art and the claims at issue. 

3. Resolving the level of ordinary skill in the pertinent art. 

4. Considering objective evidence present in the application indicating 
obviousness or nonobviousness. 

12. Claims 1, 2, 5, and 6 rejected under 35 U.S.C. 103(a) as being unpatentable over 
the admitted prior art (APA). 

1 3. Consider claim 1 , the APA teaches a method of determining an estimate for a 
noise-reduced value representing a portion of a noise-reduced speech signal (Recently, 
a system has been developed that attempts to remove noise by using a combination of 
an alternative sensor, such as a bone conduction microphone, and an air conduction 
microphone, Specification page 2 line 25.), the method comprising: 

generating an alternative sensor signal using an alternative sensor other than an 
air conduction microphone (This system is trained using three training channels: a noisy 
alternative sensor training signal... Specification page 2, line 28-30.); 

converting the alternative sensor signal into at least one alternative sensor vector 
(Each of the digitized signal frames are converted into a feature domain; Specification 
page 3, line 2.); but does not specifically teach: 
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adding a correction vector to the alternative sensor vector to form tlie estimate 
for the noise-reduced value. 

However the APA does suggest adding a correction vector to the alternative 
sensor vector to form the estimate for the noise-reduced value (Once trained, the 
mappings are applied to a noisy vector formed from a combination of a noisy alternative 
sensor test signal and a noisy air conduction microphone test signal. This mapping 
produces a clean signal vector; Specification page 3, lines 10-14. Spectral subtraction 
[or adding a negative] of the noise vector from noisy signal vector v^^ould have been the 
obvious way to do this to one of ordinary skill in the art at the time of the invention). 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to use spectral subtraction as a way of reducing the noise in a signal 
vector as a way to implement the noise reduction method of the APA, as this technique 
is well known in the art, eliminating the need for one to develop this part of the software 
on their own, reducing development costs. 

14. Consider claim 2, the APA teaches the method of daim 1 wherein generating an 
alternative sensor signal comprises using a bone conduction microphone to generate 
the alternative sensor signal (Recently, a system has been developed that attempts to 
remove noise by using a combination of an alternative sensor, such as a bone 
conduction microphone, and an air conduction microphone, Specification page 2 lines 
25-28.). 
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1 5. Consider claim 5, the APA teaches the method of daim 1 further comprising 
training a correction vector through steps comprising: 

generating an alternative sensor training signal (This system is trained using 
three training channels: a noisy alternative sensor training signal... Specification page 
2, lines 28-30.); 

converting the alternative sensor training signal into an alternative sensor training 
vector (Each of the digital signals frames are converted into a feature domain; 
Specification page 3, lines 2-3.); 

generating a clean air conduction microphone training signal (This system is 
trained using three training channels: a noisy alternative sensor training signal... and a 
clean air conduction signal; Specification page 2, line 28 - page 3 line 2.); 

converting the clean air conduction microphone training signal into an air 
conduction training vector (Each of the digital signals frames are converted into a 
feature domain; Specification page 3, lines 2-3.); and 

using the difference between the alternative sensor training vector and the air 
conduction training vector to form the correction vector (The features for the noisy 
alternative sensor signal and the noisy air conduction microphone signal are combined 
into a single vector representing a noisy signal. The features for the clean air conduction 
microphone signal form a single clean vector. These vectors are then used to train a 
mapping between the noisy vectors and the clean vectors; Specification page 3, lines 3- 
7). 
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16. Consider claim 6, the APA teaches the method of daim 5 wherein training a 
correction vector further comprises training a separate correction vector for each of a 
plurality of mixture components (The features for the noisy alternative sensor signal and 
the noisy air conduction microphone signal are combined into a single vector 
representing a noisy signal. The features for the clean air conduction microphone signal 
form a single clean vector These vectors are then used to train a mapping between the 
noisy vectors and the clean vectors; Specification page 3, lines 3-5. This suggests 
each noisy vector is mapped to the clean vector in this step to determine the noise in 
each separate channel). 

17. Claims 3 and 4 are rejected under 35 U.S.C, 103(a) as being unpatentable over 
the APA in view of Frey et al (US PAP 2002/0173953.) and in further view of Zangi et al 
(US PAP 2004/01 11 258).- 

18. Consider claim 3, the APA teaches the method of daim 1 , wherein combining a 
correction vector comprises combining a sum of a plurality of correction vectors (The 
features for the noisy alternative sensor signal and the noisy air conduction microphone 
signal are combined into a single vector representing a noisy signal. The features for 
the clean air conduction microphone signal form a single clean vector. These vectors 
are then used to train a mapping between the noisy vectors and the clean vectors; 
Specification page 3, line 3.), but does not teach specifically teach that the vectors are 
weighted, nor that when they are combined, they are added together 
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In the same field of noise reduction, Frey suggests weighting noise feature 
(figure 4, shows the determining of the probability and variance of the mixture 
components of signals in order to determine if they are noise signals or not. This could 
obviously be used as a weighting to when processing the signals further down.) 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to apply these same probability weightings that are suggested by Frey 
with the noise filtering scheme as taught by the APA in order to provide a method of 
filtering noise out of a signal that takes into consideration the probability that the signal 
component is in fact noise. 

But this combination of the APA, and Frey does not teach adding a plurality of 
signal vectors together. 

In the same field of noise reduction, Zangi teaches adding a plurality of signal 
vectors together (The outputs of the one or more AP filters 74a-74M are coupled to the 
combiner circuit 76; paragraph 0090.). 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to combine the addition of vectors as taught by Zangi with the noise 
reduction of APA and Frey in order to provide a method of taking into consideration 
many different noise sources when reducing the noise levels in a signal. 

19. Consider claim 4, the APA in view of Frey teaches the method of claim 3 wherein 
each correction vector corresponds to a mixture component and each weight applied to 
a correction vector is based on the probability of the correction vector's mixture 
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component given the alternative sensor vector (Figure 4, shows the determining of the 
probability and variance of the mixture components of signals in order to determine if 
they are noise signals or not. Each signal component could obviously be represented 
by a vector). 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to apply these same probabilities that are taught by Frey with the noise 
filtering scheme as taught by the APA in order to provide a method of filtering noise out 
of a signals by determining the probability that it is in fact noise, thereby reducing the 
chance that the "clean" part of the signal is accidentally filtered out as welL 

20. Claims 7-9, and 1 1 are rejected under 35 U.S.C. 103(a) as being unpatentable 
over the APA in view of Zangi et al (US PAP 10/315,615). 

21 . Consider claim 7, the APA teaches the method of daim 1 but does not 
specifically teach generating a refined estimate of a noise-reduced value through steps 
comprising: 

generating an air conduction microphone signal; 

converting the air conduction microphone signal into an air conduction vector; 
estimating a noise value; 

subtracting the noise value from the air conduction vector to form an air 
conduction estimate; 
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combining the air conduction estimate and the estimate for the noise-reduced 
value to form the refined estimate for the noise-reduced value. 

In the same field of noise reduction, Zangi teaches generating a refined estimate 
of a noise-reduced value (figure 4) through steps comprising: 

generating an air conduction microphone signal (using microphone 26a); 

converting the air conduction microphone signal into an air conduction vector 
(digital frames input to R[l] into signal processor 52); 

estimating a noise value (The AP 72 includes the one or more AP filters 74a- 
74M; adaptive filters imply that an estimate a noise value is calculated. Zangi's 
adaptive filters operate by estimating a noise spectrum from a noisy signal spectrum 
and subtracting it from the noisy signal spectrum to produce a "clean" signal. The noise 
spectrum is adaptively estimated, that being the main advantage to this type of filter.); 

subtracting the noise value from the air conduction vector to form an air 
conduction estimate (The AP 72 includes the one or more AP filters 74a-74M; 
paragraph 0090. Adaptive filters subtract a noise estimate from the noisy signal in order 
to estimate the signal); 

combining the air conduction estimate and the estimate for the noise-reduced 
value to form the refined estimate for the noise-reduced value (The outputs of the one 
or more AP filters 74a-74M are coupled to the combiner circuit 76; paragraph 0090. 
This is combining several estimates to form one refined estimate.). 

Therefore it would have been obvious to combine the refining techniques as 
taught by Zangi with the noise reduction method of the APA in order to provide a 
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method to dynamically change the adapting signals in order to improve the signal to 
noise ratio (Abstract, Zangi). 

22. Consider claim 8, Zangi teaches the method of claim 7 wherein combining the air 
conduction estimate and the estimate for the noise-reduced value comprises combining 
the air conduction estimate and the estimate for the noise-reduced value in the power 
spectrum domain (The first processor filters are adapted in accordance with a noise 
power spectrum at the microphones and the second processor filter is adapted in 
accordance with a power spectrum of the intermediate output signal; paragraph 0019. 
Zangi's adaptive filter?;Operates by estimating a noise spectrum from a noisy signal, 
spectrum and removing it from the noisy signal spectrum to produce a "clean" signal 
spectrum, usually by use of spectral subtraction. The noise spectrum is adaptively 
estimated, that being the main advantage to this type of filter.). 

23. Consider claim 9, Zangi teaches the method of claim 8 further comprising using 
the refined estimate for the noise-reduced value to form a filter (Figure 5, the same 
filters are used as in figure 4, but the combined output is provided to adaptation 
processor 54 which intern updates the filters of processor 72.; paragraph 0094-0131). 

24. Consider claim 1 1 , the APA teaches the method of daim 1 further comprising: 
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generating an alternative sensor signal using a alternative sensor other than an 
air conduction microphone (This system is trained using three training channels: a noisy 
alternative sensor training signal... Specification page 2, line 28.); 

converting the alternative sensor signal into at least one alternative sensor vector 
(Each of the signals is converted into a feature domain; Specification page 3, line 2.); 
and . 

adding a correction vector to the alternative sensor vector to form a estimate 
for the noise-reduced value (Once trained, the mappings are applied to a noisy vector 
formed from a combination of a noisy alternative sensor test signal and a noisy air 
conduction microphone test signal. This mapping produces a clean signal vector; 
Specification page 3, line 10.). 

But the APA does not specifically teach that the sensor, signal, vector, estimate 
and correction value is a second sensor, signal, vector, estimate and correction value, 
nor combining the estimate for the noise-reduced value with the second estimate for the 
noise-reduced value to form a refined estimate for the noise-reduced value. 

In the same field of noise reduction, Zangi teaches using multiple sensors, 
signals, and clean signal estimation (figure 4, microphones 26a-26m, filters 74a-74m 
and signals associated with), and combining a second corrected estimate with another 
corrected signal estimate (The outputs of the one or more AP filters 74a-74M are 
coupled to the combiner circuit 76; paragraph 0090. This is combining several 
estimates to form one refined estimate.). 
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Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to combine the multiple clean signal estimates as taught by Zangi with 
the noise reduction system of the APA in order to provide a method to dynamically 
change the adapting signals in order to improve the signal to noise ratio (abstract 
Zangi). 

25. Claims 10 is rejected under 35 U.S.C. 103(a) as being unpatentable over the 
APA. 

26. Consider claim 10, the APA teaches the method of claim 1 but does not teach 
forming the estimate for the noise-reduced value comprises forming the estimate 
without estimating noise. 

However the APA does teach that a clean microphone vector is collected when 
estimating the noise- reduced value. This clean value can be used as a estimated noise 
reduced value, negating the need to estimate the noise. 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to form an estimate of the noise reduced spectrum as taught by the 
APA without estimating the noise in order to avoid unnecessary computation. 

27. Claims 12, 13, 15, and 25-27 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Park et al (US Patent 5,590,241 ) in view of the APA. 
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28. Consider claim 12, Park teaches a method of determining an estimate of a clean 
speech value (using figure 1 ), the method comprising: 

receiving an alternative sensor signal from a sensor other than an air conduction 
microphone (output of accelerometer 34. ); 

receiving an air conduction microphone signal from an air conduction microphone 
(output of microphone 31 .); 

identifying a pitch for a speech signal based on the alternative sensor signal 
(accelerometer 34 produces a signal which has primarily low-frequency speech 
components; column 3, line 21.); but does not teach specifically: 

using the pitch to decompose the air conduction microphone signal into a 
harmonic component and a residual component; and 

using the harmonic component and the residual component to estimate the clean 
speech value. 

In the same field of noise reduction the APA teaches using the pitch to 
decompose the air conduction microphone signal into a harmonic component and a 
residual component and using the harmonic component and the residual component to 
estimate the clean speech value (One system or the prior art for estimating the noise in 
a speech signal uses the harmonics of human speech. The harmonics of human speech 
produce peaks in the frequency spectrum. By identifying nulls between these peaks, 
these systems identify the spectrum of the noise. This spectrum is then subtracted from 
the spectrum of the noisy speech signal to provide a clean speech signal; Specification, 
page 2, lines 3-10.). 
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Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to use the harmonic separation scheme in conjunction with the signal 
cleaning method of Park, as the accelerometer would in fact provide a great estimation 
of the harmonics of the voiced speech. 

29. Consider claim 1 3, Park in view of the embodiment of the APA used in claim 12 
teacheis the method of claim 12 but does not specifically teach wherein receiving an 
alternative sensor signal comprises receiving an alternative sensor signal from a bone 
conduction microphone. 

In the same field of noise reduction, a different embodiment of the APA teaches 
receiving an alternative sensor signal from a bone conduction microphone (Recently, a 
system has been developed that attempts to remove noise by using a combination of an 
alternative sensor, such as a bone conduction microphone, and an air conduction 
microphone. Specification page 2 lines 25-28.). 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to use a bone conduction microphone as taught by the APA in lieu of 
the accelerometer as taught by Park, as the resulting signal would be substantially 
similar in nature. 

30. Consider claim 15, Park teaches the computer-readable medium of claim 14 but 
does not teach specifically wherein receiving an alternative sensor signal comprises 
receiving a sensor signal from a bone conduction microphone. 
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In the same field of noise reduction, the APA teaches receiving an alternative 
sensor signal from a bone conduction microphone (Recently, a system has been 
developed that attempts to remove noise by using a combination of an alternative 
sensor, such as a bone conduction microphone, and an air conduction microphone. 
Specification page 2 lines 25-28.). 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to use a bone conduction microphone as taught by the APA in lieu of 
the accelerometer as taught by parks, as the resulting signal would be substantially 
similar in nature. 

31 . Consider claim 25, Park teaches the computer-readable medium of claim 1 4 and 
that frequency information can be obtained from the alternative sensor (accelerometer 
34 produces a signal which has primarily low-frequency speech components; column 3, 
lines 9-30.) but does not specifically teach wherein using the alternative sensor signal to 
estimate a clean speech value further comprises: 

determining a pitch for a speech signal and using the pitch to estimate the clean 
speech value. 

In the same field of noise removal, the APA teaches determining a pitch for a 
speech signal and using the pitch to estimate the clean speech value. (One system or 
the prior art for estimating the noise in a speech signal uses the harmonics of human 
speech. The harmonics of human speech produce peaks in the frequency spectrum. By 
identifying nulls between these peaks, these systems identify the spectrum of the noise. 
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This spectrum is then subtracted from the spectrum of the noisy speech signal to 
provide a clean speech signal; Specification, page 2, lines 3-10.). 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to use the harmonic separation scheme in conjunction v^^ith the signal 
cleaning method of Park, as the accelerometer would In fact provide a great estimation 
of the harmonics of the voicail speech. 

32. Consider claim 26, the APA teaches the computer-readable medium of claim 25 
wherein using the pitch to estimate the clean speech value comprises: 

receiving a noisy test signal from an air conduction microphone and 
decomposing the noisy test signal into a harmonic component and a residual 
component based on the pitch (One system or the prior art for estimating the noise in a 
speech signal uses the harmonics of human speech. The harmonics of human speech 
produce peaks in the frequency spectrum. By identifying nulls between these peaks, 
these systems identify the spectrum of the noise, page 2, lines 3-8. This could 
alternatively be done on the signal from the air conduction microphone.). 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to decompose the signal into harmonics as taught by the APA in order 
to more easily identity speech characteristics in a signal. 

33. Consider claim 27, the APA teaches the computer-readable medium of claim 26 
further comprising using the harmonic component and the residual component to 
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estimate the clean speecli value (This spectrum is then subtracted from the spectrum of 
the noisy speech signal to provide a clean speech signal; Specification, page 2, lines 3- 
10.). 

34. Claim 16 is rejected under 35 U.S.C. 103(a) as being unpatentable over Park. 

35. Consider claim 16, Park teaches the computer-readable medium of claim 14 
wherein using the alternative sensor signal to estimate a clean speech value comprises: 

converting the alternative sensor signal into at least one alternative sensor vector 
(ADC 36 converts the analog signal into a vector of time samples); but does not 
specifically teach: 

adding a correction vector to an alternative sensor vector. 

However Parks does suggest adding a correction vector to an alternative sensor 
vector (adaptive filter 37 corrects error in the signal of the alternative filter by adjusting 
the value of the samples, removing the estimated noise component. The transfer 
function of an adaptive filter can be viewed as adding a correction vector.) 

36. Claims 1 7, 1 8 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Park in view of Frey in further view of Zangi. 

37. Consider claim 17, Parks teaches the computer-readable medium of claim 16 but 
does not specifically teach wherein adding a correction vector comprises adding a 
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weighted sum of a plurality of correction vectors, each correction vector being 
associated with a separate mixture component. 

In the same field of noise reduction, Fr.ey teaches using probability to assign a 
score to determine if a signal is noise or not. (Figure 4, shows the determining of the 
probability and variance of the mixture components of signals in order to determine if 
they are noise signals or not. Each signal component could obviously be represented 
by a vector.). 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to apply these same probabilities that are taught by Prey with the noise 
filtering scheme as taught by the APA in order to provide a method of filtering noise out 
of a signal, based on the probability that a signal is a noise, in order to avoid a desired 
content of a signal from being filtered out. 

But this combination of the Park, and Prey does not teach adding a plurality of 
signal vectors together. 

In the same field of noise reduction, Zangi teaches adding a plurality of signal 
vectors together (The outputs of the one or more AP filters 74a-74M are coupled to the 
combiner circuit 76; paragraph 0090.). 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to combine the addition of vectors as taught by Zangi with the noise 
reduction of Park and Prey in order to provide a method of taking into consideration 
many different noise sources when reducing the noise levels in a signal. 
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Consider claim 18, Frey teaches the computer-readable medium of claim 17 
wherein adding a weighted sum of a plurality of correction vectors comprises using a 
weight that is based on the probability of a mixture component given the alternative 
sensor vector. (Figure 4, shows the determining of the probability and variance of the 
mixture components of signals in order to determine if they are noise signals or not. 
Each digital signal frame component is represented by a vector). 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to apply these same probabilities that are taught by Frey with the noise 
filtering scheme as taught by Park in order to provide a method of filtering noise out of a 
signals by determining the probability that it is in fact noise, thereby reducing the chance 
that the "clean" part of the signal is accidentally filtered out as well. 

38. Claims 21-24, and 29 are rejected under 35 U.S.C, 103(a) as being unpatentable 
over Park in view of Zangi. 

39. Consider claim 21 , Park teaches the computer-readable medium of claim 20 
wherein using the noisy test signal further comprises: 

converting the noisy test signal (from 31 ) into at least one noisy test vector 
(output of microphone 31 fed to ADC 33, covering signal to a vector of digital samples.); 

but does not specially teach subtracting a mean of the noise model from the 
noisy test vector to form a difference ; and 
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using the difference to estimate the clean speech value. 

In the same field of noise reduction, Zangi teaches subtracting a mean of the 
noise model from the noisy test vector to form a difference (Figure 4, the AP 72 includes 
the one or more AP filters 74a-74M; paragraph 0090. Adaptive filters operate by 
estimating a noise spectrum from a noisy signal and removing it from the noisy signal to 
produce a "clean" signal, usually by use of spectral subtraction. The noise spectrum is 
adaptively estimated, that being the main advantage to this type of filter.); and 

using the difference to estimate the clean speech value (the difference signal of 
noise+signal and noise would inherently be an estimated clean speech value.). 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to combine the filtering method of parks with the signal from the air 
transducing microphones as taught by Zangi in order to provide a robust method of 
cleaning a signal from a standard microphone. 

40. Consider claim 22, Park in view of Zangi teaches the computer-readable medium 
of claim 21 further comprising: 

forming an alternative sensor vector from the alternative sensor signal (Park, 
ADC 36 converts the analog signal into a vector of time samples); 

adding a correction vector to the alternative sensor vector to form an alternative 
sensor estimate of the dean speech value (Park^ adaptive filter 37 filters the signal to 
produce a clean estimate. Filtering a signal is analogous to adding a corrective vector 
to it. ); and 
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determining a weighted sum of the difference and the alternative sensor estimate 
to form the estimate of the clean speech value estimate (Zangi, he outputs of the one or 
more AP filters 74a-74M are coupled to the combiner circuit 76; paragraph 0090. This 
is combining several estimates to form one refined estimate. Although Zangi doesn't 
teach mixing the estimate from an alternative transducer, one of ordinary skill In the art 
could appreciate that if the information was available it would be obvious to use it in 
combination with the other estimated clean values, as this input device of this algorithm 
has little to do with its effectiveness. Combining more estimates from any kind of 
transducer would improve the final resultant estimate.) 

41 . Consider claim 23, Zangi teaches the computer-readable medium of claim 22 
wherein the estimate of the clean speech value is in the power spectrum domain (The 
first, processor filters are adapted in accordance with a noise power spectrum at the 
microphones and the second processor filter is adapted in accordance with a power 
spectrum of the intermediate output signal; paragraph 0019. Zangi's adaptive filter 
operates by estimating a noise spectrum from a noisy signal spectrum and removing it 
from the noisy signal spectrum to produce a "clean" signal spectrum, usually by use of 
spectral subtraction. The noise spectrum is adaptively estimated, that being the main 
advantage to this type of filter. ). 

42. Consider claim 24, Zangi teaches the computer-readable medium of claim 23 
further comprising using the estimate of the clean speech value to form a filter (Figure 5, 
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the same filters are used as in figure 4, but the combined output is provided to 
adaptation processor 54 which intern updates the filters of processor 72; paragraphs 
0094-0131). 

43. Consider claim 29 Park teaches the computer-readable medium of claim 14 
further comprising: 

receiving a alternative sensor signal from a alternative sensor that is not an air 
conduction microphone (figure 1 , output of accelerometer 34); but does not specifically 
teach a second alternative sensor signal and sensor nor using the second alternative 
sensor signal with the first alternative sensor signal to estimate the clean speech value. 

In the same field of noise reduction, Zangi teaches using multiple sensors (figure 
4, microphones 26a-26m, filters 74a-74m and signals associated with), and using the 
second alternative sensor signal with the alternative sensor signal to estimate the clean 
speech value (The outputs of the one or more AP filters 74a-74M are coupled to the 
combiner circuit 76; paragraph 0090. This is combining several estimates to form one 
refined estimate. Although Zangi doesn't teach alternative sensors, one of ordinary skill 
in the art can appreciate that the same algorithm can be applied to alternative sensors.). 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to combine the multiple clean signal estimates as taught by Zangi with 
the noise reduction system of Park in order to provide a method to dynamically change 
the adapting signals in order to improve the signal to noise ratio (abstract Zangi). It is 
also clear that the input to the algorithm of Zangi would have little effect on its 
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effectiveness. Combining more estimates from any transducers would improve the final 
resultant estimate. 

44. Claim 28 is rejected under 35 U.S.C. 103(a) as being unpatentable over Park et 
al. 

45. Consider claim 28, Park teaches the computer-readable medium of claim 14 but 
does not specifically teach wherein estimating a clean speech value further comprises 
not estimating noise. 

However one of ordinary skill in the art at the time of the invention could 
appreciate that if the system of figure 1 was operated in a quite environment (i.e. no 
noise 22) the estimation error signal would then become only a difference signal, with 
no noise. 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to operate the system of figure 1 in a noiseless environment to better 
adapt the filter 37 that operates on the signal from the accelerometer, compensating 
only for the difference in the signal from the accelerometer and the actual audio signal. 

Conclusion 

46. The prior art made of record and not relied upon is considered pertinent to 
applicant's disclosure can be found on the Notice of References Cited. 
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Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Douglas C. Godbold whose telephone number is (571 ) 
270-1451. The examiner can normally be reached on Monday-Thursday 7:00am- 
4:30pm Friday 7:00am-3:30pm. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Patrick Edouard can be reached on (571) 272-7603. The fax phone number 
for the organization where this application or proceeding is assigned is 571-273-8300. 

Information regarding the status of an application may be obtained from the 
Patent Application Information Retrieval (PAIR) system. Status information for 
published applications may be obtained from either Private PAIR or Public PAIR. 
Status information for unpublished applications is available through Private PAIR only. 
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should 
you have questions on access to the Private PAIR system, contact the Electronic 
Business Center (BBC) at 866-217-9197 (toll-free). If you would like assistance from a 
USPTO Customer Service Representative or access to the automated information 
system, call 800-786-9199 (IN USA OR CANADA) or 571-272-1000. 
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